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Summary 

The BBC has used pulse-code modulation (P. CM) techniques for 
sound programme distribution since 1972. The established 13-channel 
system employs linearly-coded samples which are quantised to 13-bit 
accuracy. However, a second generation system now being developed will 
require an initial coding of samples to 14-bit accuracy; further, the 
application of p.c.m. to sound signals which have not been controlled 
before coding will require initial coding of still higher resolution. There is, 
therefore, a continuing interest in the development of improved, higher 
resolution p.c.m. coders and decoders. 

Since the development potential of the techniques used in the 
existing 13-bit coders seems limited, alternative coding systems are being 
kept under review. 

Preliminary evaluation of a delta-modulation/pulse-code modulation 
analogue-to-digital converter seemed promising; this report describes tests 
carried out to assess its potential experimentally. The results obtained were 
somewhat disappointing — an equivalent p.c.m. coding accuracy of only 
slightly better than 13-bits being achieved in practice, rather than the 14-bit 
equivalence predicted. 
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1. Introduction 

Analogue sound signals which are to be conver- 
ted to digital form have first to be sampled and 
quantised. The sound quality obtained when the 
digital signal is ultimately decoded and reproduced 
is determined largely by the fineness of this 
quantisation, and hence by the number of bits 
allocated to each digital word at this stage. Where 
the number of bits per word is insufficient, the 
reproduced programme may be degraded by obtru- 
sive quantisation noise and by a granular form of 
distortion at low signal levels 1 . 

The pulse-code-modulation (p. cm) system 
adopted by the BBC a number of years ago to 
distribute stereophonic sound signals, uses thirteen 
bits per word linear coding. Dither* is added at 
low level to reduce granular distortion, and the 
overall performance is adequate for the present day 
transmission of high-quality sound. A second 
generation sound-programme distribution system 
being developed by the BBC, using 14-bit basic 
coding, achieves an adequately low level of granular 
distortion without requiring added dither. 

The sound signals applied to the programme 
distribution networks have been manually regulated 
in level and, further, the peaks controlled by a 
limiter. Circumstances can be envisaged, however, 
where it will be desirable to convert unregulated 
analogue signals to digital form; here a higher 
coding accuracy will be required to provide the 
greater dynamic range which the situation demands. 
Further, high-quality sound signals which are to be 
manipulated in digital form — mixed for example — 
may also require a quantisation resolution higher 
than that provided by 14-bits per sample coding. 
There is thus a continuing review of analogue- 
to-digital and digital-to-analogue conversion (ADC 
and DAC) techniques with the aim of providing 
coding of higher accuracy economically. 

The 13-bit ADCs used in service by the BBC 
operate on a double-ramp counter principle 2 . 
Here a 'fast' ramp is used to determine the six most 
significant bits, and a slow ramp (with a slope 

* Half sampling frequency square waves plus random noise at 
appropriate levels V 



1/64 that of the fast ramp) the seven less significant 
bits. This double-ramp technique has the advantage 
that it permits a moderate counting clock rate 
(some 12.5 MHz) to be used. However, it has the 
disadvantage that the 64:1 ratio of the two ramps 
must be maintained with great accuracy to avoid 
discontinuities in the transfer characteristic. The 
stability requirement for coders with greater than 
13-bit resolution is correspondingly higher, and, 
while 14 bit/word coders have been built on this 
principle and coders of still higher resolution are 
probably possible, these would require a very 
high degree of precision — possibly needing relatively 
frequent recalibration — and are, therefore, likely 
to be correspondingly expensive. 

Alternative methods of coding to high resolu- 
tion are, therefore, kept under review and this report 
describes a study of delta modulation to pulse-code 
modulation conversion — a technique which might 
offer the possibility of stable, high-resolution coding 
with a relatively simple circuit arrangement. 



2. Delta modulation 
2.1 Basic principles 

Delta modulation (d.m) is a form of digital 
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Fig. 1 - Schematic of delta modulator/demodulator 
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coding which results in a single-bit data stream; 
each digit indicates simply the direction in which 
the signal magnitude has changed since the last 
clock pulse. A basic delta-modulation codec is 
shown in block schematic form in Fig. 1. The 
method of operation is as follows: the incoming 
signal is fed to one input of a comparator whose 
output drives a latch which is clocked at the 
required bit-rate — the digital output of this 
latch is decoded in an integrator and applied to 
the second input of the comparator. In effect 
then, the comparator compares the level of the 
incoming signal with its value one clock period 
earlier, and gives an output representing the direction 
of the change in this interval. 

The integrator in the coder is, in fact, a 
decoder, and it follows that the remote decoder is 
also simply an integrator (as shown in Fig. 1). 
A low-pass filter is normally added to the remote 
decoder to remove the unwanted out-of-band 
components resulting from sampling. 

There is a wide variety of delta-modulation 
systems — delta-sigma, double-integration, adaptive- 
step, etc. — all with differing signal-to-noise ratio 
characteristics, spectra, slope overload character- 
istics etc. However, for the investigation to be 
described the d.m. was of the basic type. 

2.2 Derivation of the expected noise performance 
of a delta modulator 

The noise performance of a delta modulator 
depends on the d.m. clock frequency (f s ) and on 
the maximum input frequency (/ max ). The 

maximum signal slope at the output of the inte- 
grator is 7r/?/ max , where R is the range excursed 
by the integrator in levels: this is equal to 
/ s (see Fig. 2). The equivalent number of levels 
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Fig. 3 - Equivalent number of p.c.m. bits vs delta- 
modulation sampling frequency, predicted. 



is thus / s /(ir/ max ), 
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sampling frequency of/ s . 
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For comparison with a conventional p.c.m. 
system the noise power must be related to that 
produced by an analogue-to-digital conversion 
at the standard p.c.m. sampling rate, f Q , typically 
32 kHz. The quantising noise is generally taken 
to be white and the in-band noise power spectral 
density is inversely proportional to sampling 
frequency. The equivalent noise power would 
then be 
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Fig. 2 - Relationship between range (R), d.m. clock 
frequency (f t ) and maximum audio frequency (f m ax ) 
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where f is "reference" p.c.m. sampling frequency. 

Finally, over any given clock period the delta 
modulation intergrator output can correspond 
only to an 'odd' level or an 'even' level respectively, 



(EL- 153) 



-2- 



i.e. it must change. This reduces the number of 
equivalent p. cm. levels by a factor of 2 (i.e. reduces 
the number of p.c.m. bits by 1), so the expression 
for the effective number of p.c.m. bits becomes 



A : 



■)-i 



" /max Jo 

For example, with f = 32 kHz and / ITIix =15 
kHz, a delta-modulation frequency </ s ) of 10 MHz 
would yield a calculated equivalent noise per- 
formance of 10.87-bits, rising/falling by IVi-bits for 
every doubling/halving of f % . This effect is shown 
in Fig. 3. 

2.3 Application of delta-modulation to broadcasting 

Delta-modulation has been widely applied to 
processing systems for speech, but relatively little 
to high-quality applications for music. The 
potential of delta-modulation for high-quality 
sound-signal distribution was reviewed in the BBC 
in 197 1 3 . The investigation was mainly concerned 
with bit rates which were known to be adequate 
for high-quality sound transmission by pulse-code 
modulation (p.c.m). With this constraint delta- 
modulation performance was very discouraging — 
vastly inferior to p.c.m. for high-quality, 15 kHz 
bandwidth transmission. 

Later, unreported delta-modulation tests were 
carried out using a commercial delta-modulation 
integrated circuit. Here a sampling rate of some 
16 MHz was possible. The results obtained were 
most encouraging for the performance was com- 
parable with that of a 13/14-bit p.c.m. system — a 
significant improvement on that predicted theore- 
tically. This improvement is believed to be due to 
the effects of step imbalance, a factor mentioned 
again in Sections 4.1 and 4.2.2. A 16 Mbit/s 
bit rate is, of course, quite unacceptable for 
transmission of a single channel — the existing BBC 



13-channel thirteen bit p.c.m. sound distribution 
system uses a bit rate of just over 400 kbit/s per 
channel — but it is of interest to consider other 
applications where a high data rate may be accep- 
table, and where the simplicity of delta-modulation 
in other respects may make it attractive. 

Delta-modulation may, for example, be of 
interest for "in house" signal processing such as 
fading, mixing, spectrum shaping, adaptive filtering 
and variable and fixed delays. Further, in view of 
the progressively increasing difficulty of achieving 
the higher resolution p.c.m. coding necessary for 
the applications discussed earlier, it is also of 
interest to consider the potential of delta-mod- 
ulation as an intermediary between analogue signals 
and a high-quality p.c.m. system. 



3. Delta-modulation to pulse-code-modulation 
conversion 

Fig. 4 shows a block diagram of a delta- 
modulation/pulse-code-modulation coder. Con- 
version from d.m. to p.c.m. must comprise the 
following steps: 

(i ) I ntegratio n of th e delta-modulation bit stream 

(ii) Baseband low-pass filtering 

(iii) Resampling at conventional p.c.m. rates. 

Step (i) represents the action of a delta-modulation 
decoding integrator. Step (ii) is required to remove 
out-of-band quantisation noise prior to step (iii), 
resampling at p.c.m. rate. To appreciate the need 
for baseband low-pass filtering, consider a simple 
form of digital demodulator which comprises 
merely an integrator followed by a resampler in 
which every m sample is used, giving a p.c.m. 
sampling rate of f (=/ s /m), / s being the delta- 
modulation sampling rate. In step (iii) the 
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resampling action effectively causes the noise in 
the band up to Vtf % to be folded {'aliased') into the 
band up to ^/ : typically, if f s = 16 MHz, and 
/„ = 32 kHz, the increase in noise would be 27 dB. 

A form of noise-reducing filter is therefore 
essential, and the greater part of an experimental 
converter design consisted of finding a filter which 

(a) reduced the out-of-band noise as much as 
possible, 

(b) had a minimal effect on the signal frequency 
response, and 

(c) was as simple as possible. 

A particular form of filter, favoured in the 
literature on this subject, 4 is a uniform filter 
consisting of a tapped delay line with equal gain 
taps, i.e. the output of the filter is the sum of a 
number (N) of adjacent samples. Where N taps 
are used, then the frequency response is given by 



1 

77 



sin (Nirl-) 

/s 

sin (irl-) 



For low values of N this is equivalent to a 
(siiL*)/* characteristic. Assuming a flat quantising 
noise spectrum at the filter input, this filter reduces 
the noise power by a factor of N. 

A convenient value of N is W(/" s /f ). This is 
because the uniform filter together with the 
resampler may be realised as a resettable accumulator, 
producing a signal at 2/ . The 2f signal may 
then be filtered (if desired) and resampled at 
f quite easily. As the impulse response of the 
filter extends over a period l/(2/ ) a slight 
high-frequency loss is introduced into the baseband 
frequency response; according to the formula 
above, the maximum value of the fall in response 
(at 15 kHz) is 0.8 dB, assuming f = 32 kHz. 
(A more direct approach, setting N = (/* s // ) would 
produce a sequence at / directly; however, the 



maximum baseband droop would then be an un- 
acceptably high 3.4 dB). 

Assuming that a value of N = V*{f s /f a ) has 
been adopted (providing a sequence at 2/ ) then 
the output sequence at f could be derived by 
simply taking every alternate sample of the 2/ 
sequence. Depending on the value of /" s this 
might yield adequate noise performance, although 
the noise is then 3 dB worse than the optimum 
attainable. If it were required to recover this 
3 dB loss it is necessary to filter the 2/ signal 
prior to resampling at f •. this may be most 
economically achieved by using a recursive filter 
(of order 3). 

The optimum arrangement is a matter of 
engineering judgement involving a trade-off in the 
factors outlined above. 



4. Experimental apparatus 

4.1 Use of a digital integrator in the delta-modulator 

Some early work brought to light certain 
disadvantages associated with a design of d.m./p.c.m. 
conversion based on the arrangement shown in 
Fig. 4, in which some signals within the delta 
modulation loop (including the integrator output) 
exist in analogue form whereas the signals in the 
conversion stage (including the binary delta-modu- 
lation signal) exist in digital form. 

The most complicated stage in the converter 
is the digital integrator. It cannot, in this 
application, be a 'simple* integrator such as an 
up-down counter, because any digital errors in 
the path between the delta-modulation coder and 
decoder (non-local) would eventually cause the 
integrator output to go out of range. In fact 
initial experiments using a d.m. chip showed that 
there was a significant amount of 'step imbalance' 
in the integrator whereby an increment in the plus 
direction was slightly more (or less) than one in 
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the minus direction. This effect is believed to be 
beneficial from a subjective point of view; however, 
an imbalance means that the digital integrator in 
the conversion chain must incorporate a "leak" 
as shown in Fig. 5, where e is a small positive 
number. To keep the effect on the overall frequency 
response small, 6 must be small (say 10" 3 ); this 
means that the number of bits in the integrator 
must be large (about 30-bits) to avoid quantising 
effects at low frequencies. 

A method of obviating the need for a. 
digital integrator in the converter stage is to replace 
the analogue integrator in the d.m. loop by a 
digital integrator, comprising a digital up-down 
counter and a digital-to-analogue converter (d.a.c.). 
With this arrangement the integrated d.m. signal, 
which already exists in digital form is "tapped off" 
into the converter as shown in the block schematic 
of Fig. 6. 

4.2 First experimental coder 

It was decided to test the principles of the 
digital delta-modulation integrator outlined above, 
using an 8-bit digital-to-analogue converter originally 
intended for video applications. The intention was 
to check principles at a relatively low sampling fre- 
quency and then follow with "dedicated" experi- 
mental equipment operating at a higher sampling 
frequency and with a digital integrator of greater 
resolution. 



4.Z1 A d.m./p.c.m. converter with a clock frequency 
of 8 MHz and an 8-bit digital delta-modulation 
integrator. 

Fig. 6 shows the experimental arrangement 
used. The delta-modulation integrator is digital, 
comprising an up-down counter and an 8-bit 
digital-to-analogue converter. 

The delta-modulator loop is completed by a 
fast-acting comparator/latch which has applied to it 

(a) the analogue input signal, and 

(b) the output of the integrator digital-to-analogue 
converter. 

The operation of the latch is equivalent to 
that of the sample-and-hold circuit necessary in 
conventional analogue-to-digital converters. 

The 8-bit output from the up-down counter 
comprises an 8 MHz, 8-bit, p. cm. signal which is 
decoded by the d.a.c. within the delta-modulation 
loop to provide the second input to the com- 
parator. However, the 8 MHz, 8-bit signal can also 
be converted to p. cm. at conventional rate by 
digital low-pass filtering and resampling. This 
conversion is achieved by means of a resettable 
accumulator, with a reset rate of 64 kHz; this is a 
simple instrumental realisation of the 'low-pass* 
tapped delay line filter with equal gain taps, 
mentioned in Section 3. Since the d.m. clock fre- 
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quency is 8 MHz the accumulator is, in fact, reset 
when it has accumulated the previous 125 delta- 
modulation samples. 

At the clock period prior to the reset pulse 
the next stage of registers, the resampler, is clocked 
in order to provide the output p.c.m. signal; this 
is done every alternate 64 kHz period, i.e. at a 
32 kHz rate. 

When the d.m. clock frequency is 8 MHz the 
conversion processing must handle 15-bit numbers; 
this is because the numbers generated in the 
accumulator can be up to 125 times the input 
(8-bit) numbers. 

4.2.2 The addition of dither 

In the experimental coder quantising noise was 
reduced by the addition of a 'dither' signal to the 
analogue input signal. The optimum form of 
dither signal was determined experimentally and 
a triangular waveform was found to be most 
effective. The optimum amplitude of the dither 
was also determined experimentally and with the 
particular 8-bit d.a.c. employed in the d.m. digital 
integrator, an amplitude corresponding to about 
25 8-bit coding levels peak-to-peak was chosen. 
A dither frequency of 16 kHz was selected so that 
the resampling filter nulls removed the dither 
component from the p.c.m. output. 

It is well-known that the addition of a periodic 
analogue signal at the input of an a.d.c. can modify 
the quantising noise spectrum, e.g. it can 'whiten' 
the noise or it can cause it to be concentrated in 
different parts of the spectrum between ±/ s /2. 
Baldwin et al 5 have shown, both theoretically and 
experimentally , that step imbalance and hysteresis in 
a delta modulator can be equivalent to adding a 
periodic (dither) signal to the analogue input, and 
that the quantising noise spectrum can be re- 
distributed quite dramatically by the correct choice 
of imbalance and hysteresis. Everard 6 has 

described his experimental use of a spectral re- 
distribution (dither) signal to improve the signal- 
to-quantising-noise of a delta-sigma modulator by 
up to 20 dB. 

Non-linearity of the d.a.c, if not ameliorated 
by using dither, causes the decoded p.c.m. signal 
to contain quantisation noise which is highly 
correlated with the input signal, which for a sine 
wave would appear as harmonic distortion. Dither 
redistributes the correlated noise; the penalty 
which is paid is a slight increase in idle channel 
noise. 



4.2.3 Performance 

The level of quantisation noise in the locally- 
decoded delta-modulation output, judged both 
objectively and subjectively, was equivalent to that 
from a 12-bit/l 3-bit coder of conventional form. 
(This is about 2-bits, 12 dB, better than the 
predicted figure, 10V^-bits equivalent, (see Fig. 3)). 
The 2-bit improvement on the theoretical quantising 
noise is due to the addition of the triangular dither 
to the analogue signal to be coded. An input signal 
of a constant slope (such as the dither used in the 
tests) will produce a sawtooth quantising error 
waveform whose period is the time taken for the 
signal to increase by a quantum step. A triangular 
waveform of 25 coding levels in amplitude and 16 
kHz repetition frequency will therefore produce 
quantising noise with strong components at multiples 
of 800 kHz. This could not be measured using the 
equipment available at the time, but there were 
harmonics of the dither frequency present at 
multiples of 16 kHz; it is expected that they 
were higher in amplitude in the vicinity of 800 kHz. 

When the modulator was run at 4 MHz, with 
the range of the signal appropriately reduced 
(by 6 dB) to avoid slope overload, the total noise 
in the signal band increased by about 9 dB 
relative to maximum signal level. This is the 
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amount by which the noise would be expected to 
increase under the 'flat noise spectrum' hypothesis 
and it was therefore conjectured that the pre- 
dicted noise versus sampling-frequency character- 
istic (shown in Fig. 3) is correct in form but is 
pessimistic by about 2-bits. The measured noise 
performance, together with the predicted per- 
formance, is shown in Fig. 7, (the predicted curve 
being derived from Fig. 3). To give a measure 
of the complexity of the digital loop within the 
delta modulator, the number of bits in the integrator 
(up down counter), n f , is also shown. It is 
obviously difficult to assess the extent to which the 
9 dB/octave line can be extrapolated upwards, 
but the mechanism of the noise bunching around 
dither harmonics should still hold as the d.m. 
sampling frequency is increased. 

A dither frequency of 16 kHz proved better 
than one of 64 kHz or 80 kHz. For a given effect 
on slope overload a greater amplitude of dither 
can be added at 16 kHz than at higher frequencies. 
Thus a larger number of signal levels is excursed by 
the dither, and the averaging of imprecisions in the 
integrator digital-to-analogue converter is improved. 
As a result quantisation distortion in the decoded 
signal is reduced. 

The noise in the converted p. cm. signal, 
decoded by a carefully aligned 14-bit d.a.c, was 
about 3 dB higher than in the locally-decoded 
signal. Further, on critical test programme 

material the quality was impaired by non-linear 
distortion which was attributed to non-linearity 
in an amplifier associated with the video d.a.c. 
used in the delta-modulation integrator. Since this 
amplifier was within the delta-modulation loop the 
locally decoded delta-modulation was not impaired, 
while the decoded p.c.m. signal, derived from 
within the loop,suffered distortion. 

In view of the generally promising results 
obtained by the apparatus described above using 
an 8 MHz delta-modulator and, further, because of 
the limitation on performance set by non-linearity 
in the video d.a.c. used, it was decided to construct 
a dedicated delta-modulation-to-p.c.m. converter 
capable of operating at higher speed and including 
a purpose-built delta-modulation digital integrator 
d.a.c. 

4.3 Second experimental coder 

4.3.1 A d.m. /p.c.m. converter using 20 MHz clock 
frequency and a 9-bit delta-modulation integrator 

The converter described in the previous Section, 
with an 8 MHz, 8-bit d.a.c. delta-modulator, had a 



predicted performance equivalent to that of a 
10Vi-bit p.c.m. system. However, the addition of 
dither improved the performance to the equivalent 
of a p.c.m. coder of about 12^-bits. 

The predicted performance of a 20 MHz, 
9-bit d.a.c. delta-modulation converter is, from Fig. 
7, equivalent to that of a p.c.m. coder of better 
than 12-bit accuracy. Assuming that the benefits 
of dither are maintained, the actual performance 
might be expected to exceed that of a 14-bit 
conventional p.c.m. system. 

In the second experimental d.m./p.c.m. con- 
verter all the main circuit elements — viz. delta- 
modulation comparator, up/down counter, delta- 
modulation d.a.c. and accumulator were assembled 
on one printed circuit board (p.c.b.). A second 
p.c.b. carried the necessary clock-generator circuits. 

The comparator, the up/down counter and 
the accumulator were essentially similar to the 
corresponding circuits in the earlier apparatus. 
The d.a.c. ladder-network was made 1 2-bits long, 
though in the event only 9-bits were used, and the 
accuracy (of the 9-bit ladder) was set statically to 
better than 1/30 l.s.b. 

4.3.2 Practical operation 

The performance of the apparatus was first 
checked under the 8 MHz, 8-bit d.a.c. delta- 
modulation conditions used for the previous 
experiment. The locally-decoded delta-modulator 
output gave inferior performance because of severe 
'glitches' (unwanted perturbations of the output 
due to instrumental imperfections discussed later), 
but the quality of the decoded p.c.m. output 
was consistent with that obtained previously — i.e. 
better than 1 2-bits p.c.m. equivalent. 

The performance with a 20 MHz clock and a 
9-bit delta-modulation integrator d.a.c. at first 
showed little improvement and it was concluded 
that at the faster clock rate there was insufficient 
level-settling time in the integrator d.a.c. and, as a 
result, the p.c.m. output was sometimes in error. 
Examination of the signals on the integrator ladder 
network showed that the glitches were due to 
slight timing and transient-waveform errors arising 
for the following various reasons. 

(a) Distributed capacitance effects on the ladder- 
network. Contributions from various points 
on the network were affected differently 
by the effects of distributed shunt capacitance 
to the circuit-board earth plane. In par- 
ticular, contributions from bits of lesser 
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significance tended to be delayed. Thus a 
switching transition from say 011111111 
to 100000000 could momentarily give an 
output approaching 111111111. 

Performance was improved by raising the 
ladder-network components away from the 
printed circuit board, to reduce shunt 
capacity, and by adding adjustable 'speed-up' 
capacitors across some network series ele- 
ments. 

(b) Timing errors in the logic circuits feeding 
the ladder-network switching amplifiers. 
These timing errors produced transient un- 
balanced voltages at the ladder-network 
output when the logic states were changing. 
Synchronising the logic feeds eleminated 
errors of this type. 

(c) Mismatch of the rise and fall characteristics 
of the waveform applied to the ladder- 
network diode-bridge switches. Because of 
the finite time of the diode-bridge switching 
operation the contribution to the ladder 
depended to some extent on the actual 
switching waveform. Where the rise and 
fall characteristics differed, momentary 
glitches were again generated as the switches 
operated. A higher current was used in the 
drive amplifier output transistors to improve 
matching of the switching edges and to 
minimise this problem. 

Addition of dither (16 kHz triangular wave- 
form) again produced a dramatic reduction of 
quantisation noise, as in the earlier experiment. In 
this instance the optimum dither amplitude 
corresponded to about 50 9-bit coding levels, 
peak-to-peak. 

The performance of both the experimental 
coder and a reference 14-bit double-ramp coder iiyas 
assessed as before by decoding the signals with a 
carefully aligned 14-bit dual-slope ramp-counter 
d.a.c. 

4.3.3 Performance 

The effective quantisation noise of the second 
experimental d.m. to p. cm. conversion apparatus 
did not reach the 14-bit p. cm. equivalent per- 
formance which had seemed possible. Quantisation 
noise, both judged subjectively and measured 
objectively, was only 1 to 2 dB better than 
13-bit equivalent. 

However, idle-channel noise was low, markedly 



better than that of a carefully aligned BBC 
13-bit p.c.m. coder. 

The level of quantising noise obtained was 
disappointing — a d.m ./p.c.m. converter for which 
a modified theory, taking account of the effects 
of introducing a triangular dither, predicted a 
signal-to-quantising noise ratio of 14-bit p.c.m. 
equivalence in practice fell about Vi-bit to 1-bit 
short of this standard. It is believed that the 
limitations of performance were due mainly to 
instrumental imperfections — largely in the high 
speed d.a.c. used in the delta-modulation integrator. 
Considerable effort was expended to minimise 
glitches generated in this d.a.c. but with the ex- 
perimental apparatus used an irreducible minimum 
effect remained. 



5. Conclusions 

Experimental apparatus has been built to allow 
the potential of a sound-signal delta-modulation to 
pulse-code modulation converter to be assessed 
practically. 

Preliminary tests carried out using an 8 MHz 
8-bit digital delta-modulation integrator were very 
promising. Addition of triangular dither to the 
studio input signal was found to improve per- 
formance markedly — a system for which 10Vi-bit 
p.c.m. equivalent quantising noise was predicted 
in practice achieved better than 12-bit equivalent 
performance with added dither. 

Unfortunately residual instrumental imper- 
fections prevented the pro rata performance — 
about 14-bit p.c.m. equivalence — from being realised 
in a system using a 20 MHz 9-bit delta-modulation 
integrator d.a.c. This system in fact achieved 
about 2 dB better than 1 3-bit equivalence. However, 
no limiting factors were detected which were 
attributed directly to the digital circuits in the 
apparatus, and it seems probable therefore that 
further development, particularly of the delta- 
modulation integrator d.a.c, would enable con- 
version performance of true 14-bit p.c.m. equi- 
valence to be achieved. However, as the technique 
requires complex instrumentation, it is not proposed 
to pursue the investigation at the present time, but 
rather to consider other techniques for analogue- 
to-digital conversion of high-quality sound signals. 
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